Acoustical Measurements Using Perceptual Masking Effects or Musical Compositions  by Paulo, Joel Preto & Coelho, J.L. Bento
 Procedia Technology  17 ( 2014 )  781 – 790 
Available online at www.sciencedirect.com
ScienceDirect
2212-0173 © 2014 Published by Elsevier Ltd. This is an open access article under the CC BY-NC-ND license 
(http://creativecommons.org/licenses/by-nc-nd/3.0/).
Peer-review under responsibility of ISEL – Instituto Superior de Engenharia de Lisboa, Lisbon, PORTUGAL.
doi: 10.1016/j.protcy.2014.10.274 
Conference on Electronics, Telecommunications and Computers – CETC 2013 
Acoustical Measurements Using Perceptual Masking Effects or 
Musical Compositions 
Joel Preto Pauloa,b*, J. L. Bento Coelhob 
aInstituto Superior de Engenharia de Lisboa – ISEL, Rua Conselheiro Emídio Navarro, 1, 1949-014 Lisboa, Portugal 
bCAPS - Instituto Superior Técnico, University of Lisbon, Av. Rovisco Pais,1, 1049-001 Lisboa, Portugal,  
Abstract 
The swept sine technique has proven to lead to accurate estimations of the room impulse response, even in situations of low SNR, 
non-linearity and time-variance of the system under test. Regarding the distributive property of the convolution, the swept sine 
signal can be split into several segments, namely grains, and sent separately to the room. At the reception, the full frame is 
assembled from the grains by applying the overlap-add based procedure. Choosing appropriate windows, values to the truncation 
and the overlap of the captured grains, the degree of degradation on the final results, measured by the amount of produced noise, 
can be controlled. Therefore, each grain can be matched according to the tempered musical scale, which can be applied on 
musical compositions, or used in perceptual models, taking into account the human auditory masking effects, to compose a test 
signal frame for acoustical measurements. The possibility of polyphony musical compositions for use on acoustical 
measurements is assessed and discussed. 
© 2014 The Authors. Published by Elsevier Ltd. 
Selection and peer-review under responsibility of ISEL – Instituto Superior de Engenharia de Lisboa. 
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1. Introduction 
Acoustic measurements in large enclosures are usually carried out without the presence of people, given the high 
sound pressure levels of the test signals necessary to excite the room. In concert halls, listening rooms, sport events, 
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railway and bus stations and airport halls, the correct estimation of the acoustical parameters should be performed in 
a real situation, with the audience inside the enclosure [1]. 
It is well known that, under specific circumstances, some types of sounds are added to the environment to alter 
the soundscape quality in order to increase the acoustic comfort of people due to the presence of some particular 
disturbing noise. In this sense, the use of pleasant sounds, such as music material, may decrease the resulting 
annoyance during the measurements, while allowing a correct characterization of the acoustic parameters. 
From the audience point of view, this procedure has obvious advantages, since the test signal is not actually 
perceived as a real disturbance of the listening program. In order to increase the signal-to-noise ratio (SNR), either 
the test signal length can be extended or an averaging technique can be applied, or both. In the latter situation, time-
variance issues could lead to a degradation of the SNR due to the usually significant increase of the measurement 
duration [2,3]. Therefore, a compromise between annoyance, test duration and SNR was investigated. A modified 
swept sine measurement technique was developed, aiming at the minimization of nuisance during the acoustic tests. 
2. General 
A number of authors [4,5] showed that the swept sine technique provides accurate estimates of room impulse 
responses, h(n), even in situations of low SNR, non-linearity and slight time-variance of the system.  
This research was aimed at drawing guidelines for the use of swept sine grains, consisting of split the total swept 
sine frame in N segments, in acoustic measurements by creating tempered musical scales by assigning the perceived 
pitch of each grain to a musical note for technical-artistic compositions, e.g. via midi files. Another application is to 
use a perceptual human approach, by taking the simultaneous masking effect into account. 
2.1. Basic concept 
Considering the distributive property of the convolution operation, the grains can be sent separately to the room, 
and at the reception the full response is assembled from the grains by applying a convenient amplitude compensation 
followed by the overlap-add based procedure given by 
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This procedure overcomes the task of assigning a specific grain to an octave or fraction of octave band. 
Therefore, measurements covering the full audio band of interest, as in the standard swept sine technique, are 
possible by using grains of arbitrary length. 
2.2. Musical signals 
The swept sine is a sort of sinusoidal signal, therefore, the grains built from long test frames (showing slow 
instantaneous frequency rate) can be assigned to the notes of the musical scale to be used in a creative perspective. 
Therefore, these musical compositions can be viewed as test excitation signals allowing the estimation of the 
acoustic parameters with the presence of an audience.  
With properly composed test signal and filtering techniques, polyphony musical compositions as test signals can 
be used to evaluate the acoustical conditions of a room. However, there is a constraint due to the proximity of the 
frequency band occupied by each grain or/and due to its time duration. Therefore, the grains are discarded, not used 
to build a swept sine frame, if they have overlapping spectra or if a minimal band guard between them is not verified 
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or if the length of the grain does not guarantee sufficient acoustical energy delivered to the system. This is a 
challenging issue to be considered in this study. 
Obviously, to achieve these conditions, the acoustic tests are more time consuming, but after all, the room 
acoustic parameters are estimated by using a pleasant sound making the bridge between field of science and music 
and the performing arts. 
2.3. Limitations and enhancements (grain truncation) 
Since grains are used to reconstruct the full swept sine frame, by overlapping each grain partially, the SNR shows 
a theoretical reduction of about 3dB when compared to the standard swept sine method (full frame), considering a 
noiseless environment (ideal situation). Here, SNR≈10log10(RT*fact/SL) where RT is the estimated reverberation 
time in seconds and fact = [20log10(2Nbits)]/60 is a correction factor accounting for the excess amount of time 
needed for the room impulse response, RIR, to reach the quantization noise floor, starting from the RT value, with 
Nbits being the number of bits used by the ADC device. This arises since the information about the room carried by 
the tail of each grain must be kept in the overlap-add procedure. As a first approach, a reduction of the SNR of about 
3dB due to the background noise by halving the length of the grains is achieved as 
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  , where SL is the length of the grain.     (4) 
Fig. 1 depicts the synthesis window scheme used at the reception to account for the energy decay of each grain 
corresponding to a Tukey window (tapered cosine) of the length of the grain plus Δwin+RT. The Δwin parameter 
reduces the distortion produced by the edges of the captured grains controlling the degradation inserted by 
multiplying windows and by enlarging the grain. 
 
 
Fig. 1. Scheme of the synthesis window used to account for the energy of the tail of the grain i used to overlap with the grain i+1. Δwin is ¾ of 
the window length. 
Fig. 2 depicts the Peak-to-noise ratio vs. octave frequency bands for different segment lengths with a SNR of 
30dB and white noise as background noise. As expected, about 3dB of gain is achieved by doubling the grain 
duration. This fact suggests the use of averaging method in order to keep the SNR acceptable. 
The synthetic IR, hsyn(n), used in the simulations was generated by assuming diffuse field conditions, given by 
hsyn(n)=βnexp{-Cn/fs}, where βn ~N(0, σi2) represents independent samples of a normal distribution with μ=0 and σi2 
=1, C = 3ln10/RT is the acoustical damping factor and fs is the sampling frequency. This simple IR model assures 
linear energy decay curves (shape of the squared impulse response) and equal decay energy rate in all frequency 
bands. 
 
 
 
 
 
 
 
 
Fig. 2. Peak-to-noise ratio, PNR, vs. octave bands for different grain lengths (left) and for different amount of grain truncation (right), in samples.  
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In real situations, a truncation procedure is applied to the tail of each acquired grain in order to not degrade the 
SNR significantly. Therefore, the amount of the truncation and the overlap of the captured grains are controlled to 
yield the degree of degradation on the final results. The effect of truncation is sketched in Fig. 2 for an input SNR of 
30dB. 
This results show the importance of using an iterative procedure to decide the amount of truncation that should be 
applied to achieve the specified overall SNR. 
In the next section, the use of swept sine grains with perceptual models is dealt with some detail. Anticipating 
this approach, the grains are implanted throughout the audio material being properly masked by the audio contents. 
For this purpose, a band-reject filter with a carefully chosen bandwidth is applied to the zones where the grains are 
about to be placed following the auditory perceptual issues. The bandwidth is related to the reverberation time and 
the sweep rate is bounded by the degree of the artifacts perceived. The maximum allowed bandwidth depends of the 
type of the masking effect that has to be dealt with. 
3. Perceptual models based techniques 
A new approach using the music program to mask the test signal by using an auditory perceptual model (PM) 
with the aim of reducing audience nuisance was considered.  
The swept sine technique was chosen since (i) it can lead to high signal-to-noise ratios, (ii) it is robust against 
non-linearities and time-variance, and (iii) being a special kind of a tonal signal, it can be masked more easily by the 
music according to the properties of the human auditory system. 
The challenge of this approach consists of choosing a variety of music tracks, d(n), that can be used together with 
the swept sine method, s(n), with the trade-off between minimizing nuisance and keeping the SNR high enough to 
estimate the room impulse response accurately. Moreover, the acoustic measurements can be made with the 
presence of people assuming the test signals are not perceived by the audience.  
A general model diagram is depicted in Fig. 3. The spectral modification stage is responsible for 
analyzing/processing the spectral contents of the music track to nest the test signal conveniently. At the reception, 
on the test signal assembling stage, the filtered swept sine frame is identified from the captured composed signal, 
y(n), and the resulting frame, res(n), is assembled with the help of the Side Information. The Side Information 
consists basically of a set of parameters such as the time location, magnitude shape and length of the signal test. 
 
 
 
 
Fig. 3. General model diagram to nest the grains with noise added to the test signal. 
This model does not consider the ambient noise that is here made up of the noise generated by people or by 
ancillary electro/mechanical systems. This is a reasonable assumption for situations where the SNR between the test 
signal and the ambient noise is large. 
The perceptual model used in this approach considers only the simultaneous masking effects, does not use the 
time masking effects and is applied mostly in rooms with reverberation time above 200 ms. Therefore, when the 
masking sound stops, its energy still remains for a period of time, which depends on the reverberation time, making 
the time masking effect inappropriate [6,7]. 
The spreading functions in simultaneous masking are level dependent of the tonal masker and do not follow a 
linear behavior. In fact, the shape of the maskers is broader for higher sound levels and asymmetries around the 
tonal masker arise (for narrow band signals, the masking effect covers a larger zone for the frequencies above the 
masker component), thus allowing a higher flexibility (larger bandwidth and more acoustic power delivered to the 
room) to insert the test signal. These facts are more prominent in the higher frequency bands (above 500 Hz). 
The perceptual model used in this procedure is basically a modified version of that described in the ISO 11172-3 
(MPEG-1) Psychoacoustic Model 1 standard [8]. 
The noise maskers are estimated as residual power spectral densities within each critical band not associated with 

( )d n
( ) T z
( )s n
( )y n( )c n
ˆ( )d n
ˆ( )s n
( )res n
 
785 Joel Preto Paulo and J.L. Bento Coelho /  Procedia Technology  17 ( 2014 )  781 – 790 
the tonal maskers. All energy associated with the spectral components in each critical band that have not contributed 
to a tonal masker is then concentrated into a single noise masker. Therefore, this frequency band cannot be removed 
to insert the test signal. However, the identification of the noise maskers by the algorithm is important in order to 
decide adequately where the test signal can be placed. Basically, these locations correspond to the frequency 
spectrum ranges where the tonal masking threshold exceeds the noise masking threshold. 
An error function is then defined as the difference between the tonal masking threshold, TMT, and the global 
masking threshold, GMT, referred to as the Tonal to Global Masking Ratio function, TGMR. This function is a 
measure of the noise masking threshold contribution to the global masking threshold. The algorithm then seeks for 
the frequency bands with the lower TGMR. 
These aspects are shown in Fig. 4. In this example (left image, corresponding to the spectrum analysis of a period 
of the STFT) the TGMR indicates that for the low and high frequency bands (approximately for the frequency up to 
1000 Hz and for the band of 10 to 15 kHz, bins up to 12 and between 125 to 180) the algorithm is not able to mask 
the test signal conveniently. The GMT is mostly influenced by the Noise Masking Threshold. However, for low 
frequency bands, the noise shows a strong harmonic behavior. The results shown correspond to the analysis of a 
piece of audio of about 7.5 s long in 3D graph. The center side image shows the Tonal Masker of the audio (with the 
noise part removed) and the right side image shows the TGMR. 
 
 
 
 
 
 
 
 
 
Fig. 4. Tonal to Global Masking Ratio function, and the Global and Tonal Masking Thresholds; the circle and the triangle refer to the tonal         
maskers and to the noise maskers, respectively. An fft of 512 points and fs = 44100 Hz are used. 
Because playback levels are unknown during the psychoacoustic signal analysis, in perceptual audio coding a 
normalization procedure is required in order to estimate the sound pressure levels conservatively from the input 
signal. The calibration of the maximum levels is based on the choice of a range of pre-stored values according to the 
maximum expected playback sound pressure level applied to the room or by means of an in situ acoustic 
measurement. The perceptual model can thus be optimized by considering each particular situation. 
 Fig. 5 shows the spectral location of the tone maskers of a piece of audio, estimated by the use of pitch 
continuation techniques, regarding the insertion of the swept sine test signal in the music material. The swept sine 
frame (A) is split into several segments (B), the grains (the contribution of all grains covers the whole audio band of 
interest).  
 
 
 
 
 
 
 
 
 
 
 
Fig. 5. Tonal masker tracks location of a piece of audio (with fundamental frequency of about 550 Hz) vs. time and the two schemes of insertion 
of the test signal for frequency in linear scale (left image) and logarithmic scale (right image).  
 
0 50 100 150 200 250-20
0
20
40
60
80
100
Frequency index
dB
 
Global and Tonal Masking Thresholds 
Tonal to Global Masking ratio -TGMR 
TGMR
GMT
TM
 Tonal maskers location 
Time (sec) 
Fr
eq
ue
nc
y 
(H
z)
 
0.5 1 1.5 2 2.5 3 
2 
1.8 
1.6 
1.4 
1.2 
1 
0.8 
0.6 
0.4 
0.2 
x 10 
4 
2.2 
.5 1 1.5 2 2.5 3
102
103
104
Time (sec)
Fr
eq
ue
nc
y 
(H
z)
Swept Sine + Noise Peak tracking
 
 
 
786   Joel Preto Paulo and J.L. Bento Coelho /  Procedia Technology  17 ( 2014 )  781 – 790 
The swept sine signal is split into several segments, grains, which are smeared throughout the time/frequency 
map of a music track with the condition they are perceptually masked, Segmented Test Signal plus Noise with 
Modification, STSNM, approach. However, as the frequency is increased, the time-frequency rate also increases due 
to the logarithmic law of the test signal, and consequently some grains have not the chance to be placed in between 
the tonal components, especially for the high frequency bands, keeping a reasonable SNR in those frequency bands. 
This constraint can be overcome by increasing the length of the swept sine frame. 
For a satisfactory use of the perceptual model, the test signal should be band limited for a better simultaneous 
masking. As shown above, with the windowing procedure, each segment corresponds to a fraction of the total swept 
sine spectrum. Therefore, a set of grains (assigned B segments referred in Fig. 5) covering a specific frequency band 
where tonal masking effect takes place is produced. The amplitude levels of each perceptual grain are to be adjusted 
carefully according to the masking shape of each tonal sound. The 20dB difference level between the tonal masker 
and the test signal is a reasonable value to mask the perceptual grains adequately. 
Each perceptual grain is used as a band-pass test signal and is implanted in the appropriated spectral locations, 
assuring that they are masked by the noise. The algorithm must ensure that the concatenation of all perceptual grains 
encompasses a full swept sine frame. At the reception, the complete filtered swept sine is assembled by using the 
overlap/add method or instead, each grain is processed individually to estimate the IR for the respective frequency 
band. 
 Fig. 6 depicts a basic scheme for the procedure used in this technique for one particular perceptual grain. The 
noise shape is represented by a linear decay rule, for simplicity. In fact, the energy content of music tracks usually 
decreases with the raise in frequency. The parameters ∆fi and ∆SPLi define the maximum frequency bandwidth and 
the maximum energy allowed for each perceptual grain before being 
perceptible to the ith tonal masker. The ∆fi is estimated by the PM 
algorithm. The ∆SPLi depends of the Tonal to Global Masking ratio 
function, TGMR, and the Maximum Allowed Perceived Noise, 
MAPN. The MAPN is needed for reasons of algorithm convergence, as 
a compromise between perceived noise and SNR. This parameter is 
selected by the user. 
Instead of using the perceptual audio coding standard algorithms, 
which consider the PCM material as dry audio, this technique strongly 
depends of the acoustical parameters. Therefore, an additional issue 
should be considered and added to the PM algorithm: the spectral 
characteristics of music should remain quasi-stationary for a period of 
time of no less than the RT, implying that all the parameters evaluated 
should remain almost constant. This ensures that the acoustic energy 
almost vanishes avoiding superimposing the grains over the noise. In a 
realistic scenario, this implies that the total sweep duration must be 
much longer than needed. However, one should keep in mind that this 
study focuses on the minimization of annoyance, not on imposing 
restrictions to the measurement time duration (only restricted by the 
variations of the ambient parameters, such as humidity and 
temperature). The STSNM algorithm incorporate a dead zone (a guard 
zone, with absence of signal) to prevent that the noise energy decay 
almost vanishes before the test signal starts. For the STSNM algorithm, 
the energy in this zone is controlled by a predefined minimum SNR. 
This procedure controls the perceived distortion produced in the music. 
Ideally, the noise should be kept stationary for a minimum time 
duration of Td = 2RT (1x RT for the dead zone plus 1x RT for the 
segment energy decay), which is difficult to achieve in real conditions. 
The non accomplishment of these recommendations implies a decrease 
in the SNR. However, the dead zone can be controlled by taking the 
results of the statistical analysis of the noise into account. 
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Fig. 6. Steps to build the narrow band test signal, 
perceptual grain, following the psychoacoustic 
model constraints. 
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As a consequence, the algorithm is most often applied to music material whose spectral contents show long term 
stationary tonal components. 
The TGMR analysis shown in a time/frequency map provides detailed information about the parts of the 
spectrum that are masked / not masked by the tonal components of the sound, as depicted in Fig. 7. The dark blue 
area indicates that the spectrum is properly masked by the LTtATH, tonal part, LTt, plus the Absolute Threshold of 
Hearing, ATH. Although almost all the spectrum is masked by the sound track LTtATH this is not sufficient to 
ensure reliable acoustical measurement results. In fact, the information concerning to the SNR throughout the 
spectrogram is not included in the TGMR analysis. The perceptual tonal tracks responsible for the masking process 
(tonal tracks that are not masked by other spectral components of the music) are also shown in Fig. 7. 
 
 
 
 
 
 
 
 
 
 
Fig. 7. TGMR analysis results showing the perceptual tonal tracks. 
An important finding is that much less tonal tracks than those in the original spectrum are needed, especially at 
the higher frequency bands due to the simultaneous masking effect. In fact, since some harmonics are masked by 
another, the effective bandwidth between two adjacent tone components increases, allowing grains with higher 
length. This fact reduces the amount of grains needed to cover the entire audio spectrum improving the performance 
of the method. 
Nevertheless, due to the non-linear behavior of the hearing system the mask shape is sound pressure level 
dependent. Therefore, the number of tonal tracks for situations of low sound levels is expected to increase. This fact 
does not affect significantly the masking areas in the TGMR analysis because the tonal and non-tonal parts of the 
sound are affected almost in the same way.  
Fig. 8 shows the 3D TGMR analysis for the standard approach (TGMR = GMR – (LTt + ATH)) and for the 
cleaned version. The cleaned 3D TGMR analysis is calculated by removing the spectral zones, islands, 
corresponding to consecutive time and frequency indexes of less than minTimeExtSec= 20ms and minFreqExtend= 
2 frequency indexes, bins, respectively. The values of these parameters are chosen as the thresholds providing the 
artifacts inserted by this procedure are not perceived by the people. This procedure also removes the spectral zones 
produced by the processing errors of the TGMR analysis. 
 
 
 
 
 
 
 
 
 
 
Fig. 8. 3D TGMR analysis results; left side view: same as in Fig. 8; right side view: cleaned version. 
The Tonal-to-Mask ratio plus the Absolute Threshold of Hearing analysis, LTtATH = LTt + ATH, is shown in 
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Fig. 9. Notice the fact that in this perceptual model the frequency bands above about 16k Hz are inaudible. 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 9. Tonal-to-Mask ratio plus the Absolute Threshold of Hearing analysis, LTtATH =LTt + ATH results, 2D and 3D spectrogram, showing the 
tonal tracks used to mask the spectrum; the darker blue area, lower frequency bands part of the spectrum, indicates the non-tonal zones. 
The next step consists of identifying the candidate zones with higher sound pressure levels and larger areas 
following a pre-defined criterion. Fig. 10 shows the LTtATH spectrogram with three zones identified. 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 10. Tonal-to-Mask ratio plus the Absolute Threshold of Hearing analysis, LTtATH; zones 1 to 3 are candidates to nest the perceptual grains. 
Notice the areas marked by Ext. Zone 1 to 3, extended zones. These zones are used in case of extra time is 
needed to accommodate the decaying energy part of the grains. Actually, the grains duration cannot exceed the 
candidate zones in order to assure the test signal is accurately masked by the music. However, the decaying energy 
part of the grain is masked in Ext. Zones since the energy decay rate of the masker follows the same fashion in this 
zone. Nevertheless, some music degradation and artifacts are expected due to the fact that the masking spreading 
functions are level-dependent (the grains could be not masked properly) and if some music contents of the Ext. 
Zones have to be removed to keep the target SNR.   
The next step consists of estimating the allowed ∆fi in between the tonal tracks for each zone. Provided the tonal 
tracks are stable for the zones (the frequency deviation of each track is under a pre-defined value and each track 
stays for almost the time duration of the zone), a simple algorithm based on a histogram of the frequency indexes for 
the time length of the zone is applied [9] . 
After the zone database is populated and the ∆fi identified, an adaptive algorithm is used to pick up and adjust the 
grains selected for each zone. The candidate grains are segments of the swept sine frame following the constraints of 
the ∆fi less a pre-defined bandwidth to provide a guard band, GuardBandw, centered in the tonal track, to ease the 
filtering process. The full track frame is built by all the grain candidates available in the GrainsC Pool, reservatory 
holding the grain candidates that were not used yet. 
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The full track frame is obtained by the fusion of the grain candidates through the audio frequency band of 
interest. Therefore, each grain candidate is tested, chosen and adjusted in length and level by an adaptive algorithm 
to produce a grain if a number of requisites are held. The requisites used in the adaptive algorithm are based on (i) 
the maximization of the length of the grain and (ii) the maximization of the Noise-to-Mask ratio, NMR. 
A scheme of this technique is depicted in Fig. 11 where the construction of the full track frame from two distinct 
candidate zones is shown. 
 
 
 
 
 
 
 
 
 
 
Fig. 11. Technique used to build the full track frame. 
 Fig. 12 shows the procedure used to concatenate the grains from the perceptual zones (in this case three zones 
are used). Notice the minimum time length needed to assure sufficient acoustic energy delivered to the room by each 
grain (intervals assigned by the red circles with the number 1 inside).  Moreover, if possible, the consecutive grains 
belong to different perceptual zones in order to reduce the distortion produced by the filtering procedure. 
 
 
 
 
 
 
 
 
 
 
Fig. 12. Basic technique used to build up the full track frame based on perceptual grains minimizing a cost function; time intervals assigned by 
the red circles with the number 1 inside show the minimum grain length allowed.   
4. Results and discussion 
A number of tests were conducted for the full audio frequency range. A recorded impulse response signal 
(noiseless environment) with a RT60 of about 0.5 s (which corresponds approximately to the reverberation time of 
an ordinary living room) was used to simulate the characteristics of the system. Different types of signals with 
different SNR values were investigated. The techniques presented in this work were compared with the standard 
swept sine method for evaluation purposes. Fig. 13 shows the calculated results for the RIR Energy Decay, Peak-to-
Noise ratio and Valid Decay (range of the Energy Decay producing accurate results) for the cases of exact RIR, 
measured in ideal situations, with high SNR, and the estimated RIR using swept sine grains for the proposed 
method. 
A survey on the annoyance on people showed that no significant nuisance due to the measurements was reported. 
The test signal is imperceptible with this method. 
As observed, a Valid Decay of about 30dB for full band was achieved. No average techniques were applied. 
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The PNR and Valid Decay estimates for a number of octave bands are shown in Fig. 15. More than 30dB and 
45dB, respectively, for Valid Decay and PNR is observed for the frequency bands from 500Hz to 8kHz. 
 
 
 
 
 
 
 
 
 
Fig. 13. Energy Decay curves using reference IR and estimated IR from swept sine grains method (left) and Peak-to-noise ratio and Valid Decay 
for the reference and measured IRs vs. octave frequency bands (right). 
5. Conclusions and Final Remarks 
A procedure based on the swept sine segments, grains, using the human auditory perception or musical 
compositions is proposed for room acoustics measurements in situations where the presence of people inside the 
room is mandatory.  
The noise spectral content (music tracks) is used in order to take a better advantage of the masking phenomena of 
the human auditory system using a dedicated scheme to remove noise before the estimation of the RIR. In this sense, 
special signals, swept sine grains and music, were developed. 
This method takes advantage of the noise spectral contents (music tracks) in order to better use the masking 
phenomena of the human auditory system using a dedicated scheme to remove noise before the estimation of the 
RIR. In this sense, special signals, using the swept sine and music, were developed. 
Application of this method assumes that the duration of each swept sine frame is much longer than the RT60 
value to keep the bandwidth of the removed noise spectra as narrow as possible in order to minimize the degradation 
of the music spectral contents and therefore be less noticeable by the people due to the artifacts introduced by the 
filtering process. 
Several relevant responses based on the RIR, namely the Energy Decay, the Energy Decay Error and the 
Amplitude Frequency response, were investigated in detail. In the example described here, when the disturbing 
noise is music, the method shows an improvement of more than 10 dB against the standard swept sine technique. 
As a final conclusion, it can be stated that the use of swept sine grains is a step forward to carry out acoustical 
measurements in the presence of people, minimizing the annoyance due to the test signals. This is done by keeping 
the SNR of the grains below -35dB. Thus, the SNR is low at the reception suggesting the use of the averaging 
technique. Nevertheless, SNR values of about 35dB after signal processing are observed in most situations. 
The results of a survey on a group of people revealed that with this procedure the music masks effectively the test 
signal, making acoustical tests with the presence of people quite possible. 
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